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Amendments to the Claims : 

This listing of claims will replace all prior versions, and listings, of claims in the 
application: 

Listing of Claims: 

1 . (Currently Amended) A method of dynamic re-configurable speech recognition 
comprising: 

determining an identity of a speaker based, at least in part, on a user identifier^-the 
user identifier being one of a unique code entered at a beginning of a usage session, a 
telephone number, a terminal identifier, or an identifier based on a plurality of rules 
associated with a phone ; 

repeatedly determining parameters of a background model based on sampled 
information collected at a periodic time interval during a received voice request; 

determining parameters of a transducer model; 

adapting a speech recognition model based on user-specific transformations 
corresponding to the determined identity of the speaker and on at least one of the background 
model or the transducer model; 

a pp l ying one of a plurality of lang ua ge models to the received voice request for 
speech recognition based on a data field selected by the speaker; 

re-scoring automatic speech recognition using the speech recognition model 
comprising: 

generating word lattices representative of speech utterances in the received 

voice request, 

concatenating the word lattices into a single concatenated lattice, 
applying at least one language model to the single concatenated lattice in order 
to determine word lattice inter-relationships; 
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determining information in the received voice request based on the re-scored results 
of the speech recognition model; and 

adjusting the periodic time interval based, at least in part, on determined changes in 
the sampled information. 

2. (Previously Presented) The method of claim 1, further comprising: 

generating a confidence score to determine whether the generated word lattices are 
acceptable. 

3. (Original) The method of claim 2, wherein: 

the parameters of the background model are determined based on a first sample 

period; 

the parameters of the transducer model are determined based on a second sample 
period; and 

the confidence score is compared to a predetermined value in order to determine 
whether to perform the automatic speech recognition process again. 

4. (Previously Presented) The method of claim 2, further comprising: 

saving at least one of the parameters of the background model and the parameters of 
the transducer model. 

5. (Currently Amended) A system for dynamic re-configurable speech recognition 
comprising: 

a background model estimation circuit for repeatedly determining a background 
model at a periodic time interval during a voice request based, at least in part, on estimated 
background parameters based on collected sampled information; 
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a transducer model estimation circuit for determining a transducer model of the voice 
request based, at least in part, on estimated transducer parameters; 

a background model adaptation circuit and a transducer model adaptation circuit for 
determining an adapted speech recognition model based on a speech recognition model and at 
least one of the background model or the transducer model; 

a speech recognition circuit for recognizing speech and generating a speech lattice for 
each of a plurality of data fields for which a user provides voice input, the speech recognition 
circuit being arranged to use a different language model for each of the plurality of data 
fields; 

a lattice concatenation circuit that concatenates at least two speech lattices based on 
speech utterances in the received voice request into a single lattice; and 

a controller that applies at least one language model to the single concatenated lattice 
to determine relationships between the lattices, wherein 

the controller is adapted to adjust the periodic time interval based, at least in part, on 
changes in the collected sampled information, and 

the controller is adapted to determine an identity of a speaker based, at least in part on 
a user identifier and to apply user-specific transformations, corresponding to the identity of 
the speaker, to the speech recognition model , whoroin 

the user idontifior is one of a unique code ontorod at a beginning of a usage session, a 
telephone number, a terminal identifier, or an identifier based on a plurality of rules 
associated with a phone . 



6. (Previously Presented) The system of claim 5, wherein the controller generates a 
confidence score after applying the speech recognition model to determine whether the 
lattices are acceptable. 
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7. (Previously Presented) The system of claim 6, wherein, 

the controller is configured to compare the confidence score to a predetermined value, 

and 

the controller is further configured to repeat automatic speech recognition of the voice 
request based, at least in part, on the comparing. 

8. (Previously Presented) The system of claim 6, wherein the controller saves at least 
one of the background model or the transducer model into storage, and wherein the adapted 
speech recognition model is based on at least one of the background model or the transducer 
model. 

9. (Currently Amended) A carrier wave encoded to transmit a control program usable 
for dynamic re-configurable speech recognition to a device for executing the control 
program, the control program comprising: 

instructions for determining an identity of a speaker based, at least in part, on a user 
identifie r, the user identifier being one of a unique code entered at a beginning of a usage 
session, a tolophono number, a terminal identifier, or an identifier based on a plurality of rules 
associated with a phone ; 

instructions for determining parameters of a background model at a periodic time 
during a received voice request; 

instructions for determining parameters of a transducer model; 

instructions for adapting a speech recognition model based on user-specific 
transformations corresponding to the determined identity of the speaker and on at least one of 
the background model or the transducer model; 

instructions for applying one of a plurality of language models to the received voice 
request for speech recognition based on a data field selected by the speaker; 
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instructions for re-scoring the results of the automatic speech recognition using the 
adapted speech recognition model comprising: 

instructions for generating lattices for speech utterances in the received voice 
request, 

instructions for concatenating the lattices into a single concatenated lattice, 

and 

instructions for applying at least one language model to the single 
concatenated lattice in order to determine relationships between the lattices; 
instructions for determining information in the received voice request based on the 

adapted speech recognition model and the re-scored results of the adapted speech recognition 

model; and 

instructions for adjusting the periodic time based, at least in part, on determined 
changes in sampled noise information. 

10. (Previously Presented) The carrier wave of claim 9, wherein the control program 
further comprises: 

instructions for periodically determining a new transducer model. 

11. (Previously Presented) The carrier wave of claim 10, wherein, 

the background model is determined based on a first sample period, and the 
transducer model is determined based on a second sample period. 

12. (Previously Presented) The carrier wave of claim 10, further comprising: 
instructions for saving at least one of the background model or the transducer model. 
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13. (Currently Amended) A computer readable storage medium comprising: 

computer-readable program code usable to program a computer to perform a method 
for dynamic re-configurable speech recognition, the method comprising: 

determining an identity of a speaker based, at least in part, on a user identifier 
the user identifier being one of a unique code entered at a beginning of a usage 
session, a telephone number, a terminal identifier, or an identifier based on a plurality 
of rules associated with a phone ; 

determining parameters of a background model at a periodic time during a 
voice request; 

determining parameters of a transducer model; 

adapting a speech recognition model based on user-specific transformations 
corresponding to the determined identity of the speaker and on at least one of the 
background model or the transducer model; 

applying one of a plurality of language models to the received voice request 
for speech recognition based on a data field selected by the speaker; 

re-scoring automatic speech recognition using the speech recognition model, 
comprising: 

generating word lattices representative of speech utterances in the 
received voice request, 

concatenating the word lattices into a single concatenated lattice, 
applying at least one language model to the single concatenated lattice 
in order to determine word lattice inter-relationships; 
determining information in the received voice request based on the rescored 
results of the speech recognition model; and 

adjusting the periodic time based, at least in part, on determined changes in 
sampled noise information. 
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14. (Currently Amended) A method of dynamic re-configurable speech recognition 
comprising: 

determining an identity of a speaker based, at least in part, on a user identifier^-the 
user identifier being one of a unique code entered at a beginning of a usage session, a 
telephone number, a terminal identifier, or an identifier based on a plurality of rules 
associated with a phone ; 

repeatedly determining parameters of a background model based, at least in part, on 
first sampled information collected at first periodic time intervals during a received voice 
request; 

repeatedly determining parameters of a transducer model based, at least in part, on 
second sampled information collected at second periodic time intervals during a received 
voice request; 

determining a speech recognition model based on user-specific transformations 
corresponding to the determined identity of the speaker and on at least one of the background 
model or the transducer model; 

a pp l ying one of a plurality of lang ua ge models to the received voice request for 
speech recognition based on a data field selected by the speaker; 

re-scoring automatic speech recognition using the speech recognition model, 
comprising: 

generating word lattices representative of speech utterances in the received 
voice request, 

concatenating the word lattices into a single concatenated lattice, and 
applying at least one language model to the single concatenated lattice in order 
to determine word lattice inter-relationships; and 
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determining information in the received voice request based on the rescored results of 
the speech recognition model. 

15. (Previously Presented) The method of claim 1, further comprising: 
repeatedly determining the parameters of the transducer model. 

16. (Previously Presented) The system of claim 5, wherein the transducer model 
estimation circuit is configured to repeatedly determine the transducer model at the periodic 
time interval. 

17. (Previously Presented) The computer readable storage medium of claim 13, wherein 
the method further comprises: 

repeatedly determining parameters of the transducer model at a periodic time. 

18. (Previously Presented) The method of claim 14, further comprising: 
adjusting a length of the first periodic time intervals based, at least in part, on the 

collected first sampled information. 

19. (Previously Presented) The method of claim 14, further comprising: 
adjusting a length of the first periodic time intervals based, at least in part, on a 

frequency or a magnitude of determined changes in successively sampled ones of the first 
sampled information. 

20. (Previously Presented) The method of claim 14, further comprising: 
generating a confidence score after applying the speech recognition model to 

determine whether the generated word lattices are acceptable; 
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comparing the confidence score to a predetermined value; and 

repeating automatic speech recognition of the received voice request based, at least in 
part, on a result of the comparing of the confidence score with the predetermined value. 

21. (Previously Presented) The method of claim 1, wherein the user identifier comprises 
a calling phone number. 

22. (Currently Amended) The method of claim 1, wherein the user identifier is based on 
[[the]] a plurality of rules associated with tho phono a telephone and at least one of a time of 
day or a day of a week. 

23. (Previously Presented) The system of claim 5, wherein the user identifier comprises a 
calling phone number. 

24. (Currently Amended) The system of claim 5, wherein the user identifier is based on 
[[the]] a plurality of rules associated with the phone a telephone and at least one of a time of 
day or a day of a week. 

25. (Previously Presented) The method of claim 14, wherein the user identifier comprises 
a calling phone number. 

26. (Currently Amended) The system of claim 14, wherein the user identifier is based on 
[[the]] a plurality of rules associated with tho phono a telephone and at least one of a time of 
day or a day of a week. 
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